A new loll' bitrate audio coding technology (Ii/rther denoted as "ExAC") based all Enhanced Audio Coding (EAC) and Spectral Band Replica/ion (SBR) is introduced.
INTRODUCTION
In recent years, digital audio has become an important source of information in the modern world of information systems. In linear representation, digital audio files require a lot of memory or bandwidth for transmission respectively. Many research efforts have been devoted to the problem of audio compression in the last two decades.
Two different compression categories have been of particular interest: high performance and low bit rate audio coding. High performance audio coding is aimed to achieve the audio quality as high as possible at a certain bitrate. Applications requiring this type of compression include high-density laser video diskette and HDTV. Vice versa, for appl ications such as streaming or audio broadcasting, audio coding at lowest possible bitrate whereas maintaining a reasonable audio quality is of primary interest.
In this paper, a new audio codec named ExAC is introduced. ExAC is based on the existing audio coding technologies of EAC and SBR. In addition new tools are being applied to guarantee highest possible audio quality, even at very low bitrates and/or very low sampling rates.
ExAC is being developed to fulfill the requirements of different applications, with both high performance and low bitrate audio coding characters. The codec has been proposed to the China Audio and Video Standard (AVS) Working Group and Enhanced Video Diskette (EVD) standard, and it has been selected as the audio coding standard of EVD.
The following part of the article explains the basic blocks of ExAC, and some test results are presented.
OVERVIEW of ExAC
The figure I illustrates the general structure of the ExAC Encoder, the encoder includes several components: Downsampler, EAC core encoder, SBR encoder and Multiplexer.
Figl. Diagram of the ExAC Encoder
The ExAC Decoder is depicted in Fig. 2 . It includes several components: deMultiplexer, EAC core decoder and SBR decoder (with implicit upsampling).
Fig2. Diagram of the ExAC Decoder

EAC CORE
EAC is an audio coding technology that has been developed by Beijing E-World Ltd. Co. in which a multi-resolution tiling of the T/r plane, a quantization algorithm to minimize the global perceptual distortion and entropy coding are used to compress the audio signal by utilizing the redundancy as well as the irrelevancy. The EAC codec supports mono, stereo and 5.1 surround stereo encoding and decoding modes, EAC has already been accepted as the audio codec for the EVD (Enhanded Video Diskette) system. 
SBR MODULE A. Principle
The principle of SBR is based on the fact that the high frequencies of an audio signal can be extrapolated from the low frequencies, whereas the reconstruction by means of transposition results in a coding of the high frequency portion with very low overhead.
Apart from the pure transposition (see Fig 4a) the reconstruction of the highband is further improved by transmitting guiding information such as the spectral envelope of the original input signal or additional info to compensate for potentially missing high frequency components (see Fig 4b) . This guiding information is further referred to as SBR data. Of course, means must be taken to code the SBR data as efficient as possible to achieve a low overhead data rate. At encoder side the original input signal is analyzed at the full nominal sampling rate, the highband spectral envelope and its characteristics in relation to the lowband are encoded and the resulting SBR data is multiplexed with the EAC bitstream. At decoder side, first the SBR data is de-multiplexed, then the EAC decoder is being run separately and the SBR decoder operates on the time domain output signal at half the nominal sampling rate.
The decoded SBR data is used to guide the spectral band replication process.
During the transposItIon and reconstruction process an implicit upsampling by a factor of 2 is applied, such that a full bandwidth output signal at the nominal sampling rate is obtained, Whereas the basic approach seems to be simple, making it work reasonably well is not. Obviously it is a non-trivial task to code the "guidance information" in a way that all of the following criteria are met: l)good spectral resolution is required 2)sufficient time resolution on transients is needed to avoid pre-echoes 3)cases with poorly correlated lowband and highband need to be taken care for since here transposition and envelope adjustment alone could sound artificial . 4)a low overhead data rate is required in order to achieve a significant coding gain Solutions to the design criteria above as well as the major system parameters are described in more detail below
B. Sampling rate and Crossover Frequency
Generally the lowband needs to cover the frequency range from DC up to around 4 to 12 kHz, depending all the target bitrate and used sampling rate: the higher the crossover frequency between EAC and SBR, the higher the needed bitrate to fulfill the psychoacoustic masking threshold of the EAC encoder. was used, in which the subject selects one of three stimuli ("A", "B", "C") at his/her discretion. The known reference is always available as stimulus "A". The hidden reference and the object are simultaneously available but are "randomly" assigned to "B" and "C", depending on the trial.
In the test, 15 items were chosen from the available test items, where 8 items were stereo, and 7 items were 5. 
